In musical or theatrical performance, some venues allow listeners to individually localize and segregate individual performers, while others produce a well blended ensemble sound. The room acoustic conditions that make this possible, and the psycho-acoustic effects at work are not fully understood. This research utilizes auralizations from measured and simulated performance venues to investigate spatial discrimination of multiple acoustic sources in rooms. Signals were generated from measurements taken in a small theater, and listeners in the audience area were asked to distinguish pairs of speech sources on stage with various spatial separations. This experiment was repeated with the proscenium splay walls treated to be flat, diffusive, or absorptive. Similar experiments were conducted in a simulated hall, utilizing 11 early reflections with various characteristics, and measured late reverberation. The experiments reveal that discriminating the lateral arrangement of two sources is possible at narrower separation angles when reflections come from flat or absorptive rather than diffusive surfaces.
I. INTRODUCTION
This study aims to reveal the role of architectural conditions in performance venues in creating spatial blend or allowing discrimination between multiple sources. In some concert halls, one can intelligibly hear individual performers within an ensemble. In others, a well blended sound with all sources presented simultaneously in space is audible. The architectural design of the performance venue is responsible for creating these conditions, but the relevant auditory processes are still not fully understood in this context, and parametric descriptions of the sound field poorly predict listeners' experience (Bradley, 2011) . The goal here is to determine whether listeners' spatial discrimination ability changes in the presence of different types of reflections. The results can be applied to the design of performance venues.
The experimental task is for listeners to distinguish the relative spatial position of multiple acoustic sources, in this case, male and female talkers. This task is repeated in rooms with various surface treatments to determine the effect of different types of reflections. The relevant auditory processes are localization, stream segregation, and spatial release from masking, which are reviewed in Sec. II. The hypothesis of this research is that these processes are better adapted to certain types of room environments, and that this will be evident in spatial discrimination of competing sources.
Examples of environments which may produce differing auditory percepts are those with very diffuse sound fields or those with distinct specular reflections; these conditions are under investigation in the present work. The strength of segregation and localization cues should be evident in the performance of listeners on a spatial discrimination task, such as distinguishing which of two speech sources is to the left of the other. Knowledge of how different reflection conditions affect spatial perception will allow room designers to tailor the desired blend or separation of sources on stage.
This paper is organized per the following. First, the previous related work is presented. Section III details the room measurement and simulation techniques utilized for psycho-acoustic experiments. Section IV discusses the procedures and results of these tests.
II. PREVIOUS WORK
Human audition relies on many cues and mechanisms to distinguish separate sources or streams. Bregman (1994) describes cues in the sound signal for distinguishing sources including spectral patterns, temporal behavior, level differences, and information content. In the present context, deciphering a complex auditory stream relies on spatial filtering of sounds and selective spatial attention based on sound signal cues, as well as higher brain functions in auditory processing. As described by Drennan et al. (2003) and Blauert (1997) , spatial cues include interaural level differences, interaural time differences, and head related filtering, which introduce distinct spectral patterns for sounds arriving from various directions. Room reflections can interrupt these cues and impair segregation and localization, or possibly provide additional useful information (Summers, 2013) ; this research examines the degree of these effects for different types of reflections.
A. Localization
In localizing acoustic sources, the human auditory system is generally precise to within a few degrees. In a study by Mills (1958) , with frontal, midfrequency, pure tone sources, listeners could detect changes in position of as little as 1
. Even in reverberant environments, localization is quite robust and relatively unimpeded by the presence of reflections, which introduce directional cues in conflict with the actual source position. In a room with an unusually long reverberation time of 5.5 s, subjects were still able to localize sources within 62-4 in a study by Hartmann (1983) . An investigation into spatial resolution in the case of multiple concurrent sources by Perrott (1984) revealed that listeners could reliably distinguish the relative position of two slightly different frontally presented tones with an accuracy of about 5 -10 . The present research utilizes a similar paradigm as Perrott's minimum concurrent angle experiments, but the results are confounded by the use of complex speech signals rather than tones, which should make the task easier and the presence of reverberation, which could make it more difficult.
The cues that are believed to be most important for the auditory system to localize sound sources are inter-aural time differences (ITDs) and inter-aural level differences (ILDs). The inter-aural time difference is the difference in a sound wave's arrival time at the two ears, due to the path length difference from the source to each of the ears. With complex waveforms, as used here, this time difference is evident in the onset at each ear, and in the ongoing envelope of the signal at each ear. An inter-aural level difference is caused by phase differences between the ears for low frequencies and attenuation due to shadowing by the head, which is frequency dependent; greater level differences are present at higher frequencies. In the presence of reflections from architectural surfaces, some or all of these cues may not be present in the sound field, due to interference between multiple sound waves. This may result in an auditory event that is distorted in relation to the actual sound source arrangement. Reverberation reduces the depth of modulation in the signal envelope and intermediate onsets, which can make detection of inter-aural time differences more difficult (McFadden and Pasanen, 1976) . It also reduces level differences between the ears since reflections from opposing directions counteract each other, and this can detract from the reliability of ILD cues (Braasch, 2003) . Finally, reflections reduce inter-aural coherence, which hinders absolute discrimination of ITD (Rakerd and Hartmann, 2010) .
B. Spatial release from masking
Identifying and comprehending individual sound sources within a group, like individual voices in a crowd, or instruments in an ensemble, has been coined the cocktail party effect. A review of this phenomenon can be found in Bronkhorst (2000) . It is relevant to note that previous studies have shown that the spatial relationship between multiple sources affects the degree to which one can identify and distinguish each. Multiple source situations are difficult because of several types of masking, energetic masking and informational masking. Spatial release from masking is a binaural effect that occurs when multiple sources are separated in space, hence can be understood better than if they are collocated . This may be due to the ability to acoustically focus on individual areas of space, though Culling et al. (2004) have argued that binaural decoding alone without spatial filtering is sufficient to distinguish multiple sources. Even when competing or distracting sounds do not temporally overlap, localization performance, and presumably masking release, is degraded as more distracting sources are introduced and cognitive load is increased Langendijk et al. (2001) . Brungart et al. (2009) observed that while similar vocal sources may mask each other, this effect is less than the masking of adding more sources. When attempting to retain information from speech, increasing the number of talkers quickly detracts from performance, and comprehending more than two simultaneous talkers becomes very difficult (Shafiro and Gygi, 2007) . When attempting to listen to multiple sources simultaneously, spatial separation of sources has been found to generate a masking release and improve information collection from both sources (Ihlefeld and Shinn-Cunningham, 2008b) . Hawley et al. (1999) also found when attempting to focus on only one of multiple talkers, filtering of the distractors and localization of the target is quite robust and aided by spatial separation of the distractors.
C. Stream segregation
In addition to bottom-up physical cues in the sound signal, top-down cognitive processes are certainly at work in deciphering multi-source listening situations. Recent neurological studies point out the possibility that temporal coherence of a sound stream, which can be enhanced rather than disrupted by reflections, is an important cue to identify source streams (Shamma et al., 2011) . Under such a hypothesis, a collection of reflections with the same spectrum as the source could be associated into the same stream and allow attentive processes to extract further information about the stream. This is relevant here since distinct specular reflections may be more easily associated with the direct sound than their diffuse counterparts, due to increased coherence. This may enhance stream formation, thus aiding localization and discrimination. Once a stream is formed, attention can play a strong role in extracting information, including location, from the stream (Ihlefeld and Shinn-Cunningham, 2008a) .
A study by Mondor and Zatorre (1995) determined three main attributes of spatial auditory attention: It is steerable to auditory cues, the time to refocus on a different cue is independent of the spatial distance between cues, and it acts as a gradient which increasingly filters auditory input which is away from the target. For example, Kidd et al. (2005a) found that knowing where a sound is going to come from improves the intelligibility of that sound among other competing sources. Under appropriate conditions, this selective attention may also play a role in allowing one to listen to individual talkers in a crowd or instruments in an ensemble and is a skill that can be learned. M€ unte et al. (2001) have shown that experienced conductors exhibit enhanced spatial segregation ability, particularly in the periphery. Other higher level brain responses, like the emotional relevance of the sound, can have an influence as well; one study by Pauli and R€ oder (2008) , found spatial selectivity to be broadened in directions associated with previously presented emotionally negative stimuli.
D. Reverberant environments
Several studies have examined performance in multiple source situations in simple rooms but rarely with the amount or complexity of reverberation that is commonly found in performance venues. Kidd et al. (2005b) found that increasing reverberation in a small room by changing the absorption on the walls reduced inter-aural time and level differences; without these cues, subjects had poorer performance in competing speech identification tasks, though spatial separation of the sources remained advantageous. Marrone et al. (2008) determined that thresholds for identifying a talker in the presence of a masker in free field are improved substantially by spatial separation of sources and reduced by reverberation. Reverberation time in this study was limited to 0.24 s whereas a performance venue might have 2 s or more at midfrequencies. Experiments of Braasch and Hartung (2002) showed that reverberation increases errors associated with localizing a source in the presence of a distractor and spatial discrimination is reduced to simple left, front, right, accuracy. Inability to localize a source may contribute to difficulty in segregating it from others and extracting useful information. Culling et al. (2003) found that when extracting information from a talker, reverberation (0.4 s) disrupted one's ability to separate sources, and interrupts utilization of beneficial cues introduced by spatial separation. This finding is in agreement with Darwin and Hukin (2000) who also found reverberation to be disruptive to spatial cues but not to prosodic and spectral envelope characteristics of speakers, which allow separation of sources even in reverberant environments. These melodic and spectral properties of speech and musical instruments may provide robust segregation cues in reverberant concert halls due to higher level stream formation processes.
E. Summary of previous work
The aforementioned studies reveal the auditory system's robust signal processing capabilities, which can localize and discriminate multiple sources, but as the number of sources and reverberation increase, some faculties are compromised. In real performance conditions, there is considerably more reverberant energy than most studies mentioned here have examined, and when designing rooms, architectural acousticians often control not only the amount of reverberation, but also the temporal distribution of energy within the reverberation as Jaffe (1997 Jaffe ( , 2005 and Johnson et al. (1997) have demonstrated. From the experiments described above, it seems clear that reverberation may make localization and spatial discrimination more difficult as compared to a free field condition. However, the specific temporal decay characteristics, and coherence between direct sound and reflections may produce varied spatial discrimination performance results. In performance venue design, the amount of reverberant energy is generally the same for similar types of halls, but the specific reflection pattern is what distinguishes good halls from bad (Beranek, 2004; .
Rather than utilizing simplified stimuli to probe specific auditory mechanisms, this work examines listener performance on a specific task in a holistic acoustic environment, including a realistic room response, familiar source content, and multiple sources, to probe the effect of various hall design features. This study attempts to make connections between perceptual effects and room surfaces by systematically varying one set of surfaces in a real hall. In a separate experiment, a complex hall configuration is abstracted into a surfaceenclosure typology simulation, and the surface type is varied. In particular, diffusive and absorptive surfaces are compared to flat, rigid reflecting surfaces. The physical effect of diffusive surfaces on the sound field, and subjective responses to these conditions has been studied by Ryu and Jeon (2008) ; the difference here is that an objective measure of auditory spatial discrimination is assessed. This work is a continuation of experiments presented by .
III. EXPERIMENTAL SETUP AND METHODS
Experiments have been implemented to investigate spatial discrimination angles for speech sources in varying architectural conditions. The first experiment targeted spatial discrimination in a measured theater, with varying treatments on the proscenium splay surfaces. The second utilized a simulated, abstracted concert hall to extend and corroborate the results from the measured condition.
A. Theater measurements
Binaural impulse response measurements using a logarithmic swept sine technique described by Fausti and Farina (2000) , were conducted in the M-Theater of the Sejong Performing Arts Center in Seoul, South Korea. The theater holds approximately 600 occupants, and almost all interior surfaces are covered with fractal phase grating diffusers designed to be effective from approximately 500 Hz to 5 kHz as described by Kim et al. (2011 b) and Kim et al. (2010) . The hall was measured for one listening position, in the center of the orchestra floor seating, for multiple source positions on the stage. The source was placed on the plaster line and successively moved from the centerline to stage right in 2 increments relative to the listener position. This resulted in 14 source positions. Figure 1 illustrates a plan of the theater, source and receiver locations, and wall treatment areas. The source was a Br€ uel and Kjaer dodecahedral loudspeaker mounted approximately 1.5 m above the stage. At each measurement position, a designated face of the loudspeaker was aimed perpendicular to the plaster line to maintain consistent directivity from measurement to measurement. The receiver was a binaural headset, Br€ uel and Kjaer type 4101 feeding a Zoom H4 recorder, worn by an adult male subject. The subject was instructed to focus on a visual target placed at the center of the stage to ensure consistent head orientation from measurement to measurement. Two sweeps were recorded for each source position, averaged, and post-processed into impulse responses. The level of the sweep was set to the maximum level possible before harmonic distortion artifacts were evident and was not changed thereafter. The hall has a large proscenium splay surface, also covered with the aforementioned diffusers, which were chosen for manipulation in this experiment. In the first set of measurements, this surface was left in its natural diffusive state, to gauge the hall as built. In the second set of measurements, the diffusive proscenium splay was made flat by covering it with rigid plastic honeycomb board. The board was suspended in front of the wall and exhibits some low frequency absorption. In the third set of measurements, the flat boards were covered with an absorptive fabric. For each proscenium splay condition, the sound source was re-positioned at the 14 measurement locations, which were marked on the stage to minimize variation between measurement sets. Figure 2 illustrates some of the material properties of the three treatments as measured in the Hanyang University Architectural Acoustics Laboratory per relevant ISO standards (ISO 354:2003 (ISO 354: , 2003 ISO 17497-1:2004 ISO 17497-1: , 2004 , and as described in Kim et al. (2011a) and Jeon et al. (2004) . Note that the absorption of the flat panels was measured using the reverberation chamber method, with an air space behind the panels to approximate the actual field condition. These measurements were used for the three cases tested here: Absorptive, Diffusive, and Flat.
B. Hall Simulation
For the second set of test stimuli, a combination of a geometric model for the early parts of the impulse responses and late reverberation of a measured concert hall were used. Various surface treatments were simulated by changing the properties of the early reflections. A detailed description of the geometric simulation is as follows. For 11 first order early reflections, image source locations were calculated using a physically realizable geometry. The model had three stage walls and eight surfaces on the sides and ceiling. The receiver was 12 m away from the line of sources on stage and the sources were arranged in 18 equal steps from the center of the stage to stage right, resulting in a 2.4 separation angle between sources at the center and 1.6 at the side of the stage. An example of the simulated 3-D reflection pattern is shown in Fig. 3 . The source in the given example is positioned at 5 m to the right from the center line. The three surface conditions are Specular, simulated diffusive (Sim. Diff.), and measured diffuser (Meas. Diff.). The latter exhibits some midfrequency and high frequency absorption. These simulated cases roughly correlated with the measured hall conditions, except that all modeled surfaces are treated rather than just the proscenium splay. The term Specular is used here to distinguish between the simulated condition, which represents an infinite surface, and the Flat theater condition, which is a reflection from a finite flat surface that exhibits frequency dependent edge diffraction.
The simulation procedure consisted of several steps. First, an echogram was generated using an image source method. In the diffusive cases (Sim. Diff. and Meas. Diff.), the deltas in the echogram were then convolved with the reflection responses. Reflection responses are described in Secs. III B 1 and III B 2. The direct sound and each reflection were convolved separately with the respective head related transfer function (HRTF) for the direction of arrival. Applied HRTFs were measured with an adult male head wearing microphones in the ear canals. Details of the measurement procedure can be found in Pulkki et al. (2010 ) each. The measurements with two spacers were combined with a 1 kHz crossover filter for improved spatial reproduction accuracy at an extended frequency range. Late reverberation was convolved with HRTFs in respective directions of the virtual loudspeakers. The reverberation was joined to the simulated early part of the binaural impulse response with a sinusoidal fade-in duration of 80 ms beginning at 60 ms after the direct sound. Thus, the spatial late reverberation is fully present at 140 ms after the direct sound. The procedure is repeated for all simulated source positions. The level of the measured late reverberation was adjusted such that the reverberation was clearly audible but without introducing artifacts during fade-in; the same reverberant level was utilized for all source positions. The overall method has been previously applied in a similar manner to a study on concert hall acoustics with a simulated symphony orchestra, further details can be found in . Figure 4 illustrates example spectrograms of the first 200 ms of the impulse responses simulated for the same source as in the previous example with two material conditions. Direct sound, reflections, and the late reverberation are visible.
Reflection responses: Simulated reflection from a diffusive surface
Based on visual examination of many impulse response measurements of a single reflection from diffusive panels, simulated reflections were modeled as a short burst of noise with an envelope approximating a gamma distribution. The impulse response for the diffuse reflection was generated by multiplying white Gaussian noise with a gamma distribution envelope of the desired length and shape. Various degrees of temporal dispersion were created by modifying the parameters of the envelope per the equation for a gamma probability density function:
where t is the time vector, k is a shape factor, and h is a scale parameter. In this case k ¼ 4 and h ¼ 4 produced a reflection response temporally dispersed over 16 ms. Application of the envelope caused the frequency response to deviate from white, hence introducing spectral coloration. The resulting reflection impulse response was whitened by iteratively multiplying the magnitude response by its inverse in the frequency domain. The iterative procedure was concluded when the deviation from a flat spectrum was smaller than 60.1 dB. This simulated reflection response contained temporal dispersion, as in a reflection from a diffusive surface, without modifying the spectral content of the signal, and was normalized to contain energy equal to a specular reflection. Using this type of reflection, perceptual effects induced by temporal dispersion can be evaluated separately from those induced by spectral coloration, absorption, or redirection. A similar method has been applied by Siltanen et al. (2012) .
Reflection responses: Measured reflection from a diffusive surface
In addition to the simulated reflections, a scale model diffuser panel was measured to obtain a realistic reflection response. The panel was a cast plaster, randomized surface designed to be an effective diffuser between 500 Hz and 2 kHz. Figure 5 illustrates the panel and its normalized diffusion coefficient; it was calculated per AES-4id-2001 AES-4id- (2007 . Measured impulse responses were acquired using a scale model goniometer using methods described by Xiang (2010, 2013) . These were scaled to normal audio frequencies, and normalized to contain the same total energy as a specular reflection. The measured responses contained both temporal dispersion and spectral distortion, thereby providing reference to a realistic listening situation while minimizing energetic differences.
The specular, simulated diffuse, and measured diffuse reflection responses were then applied to every reflection in the echogram calculated from the image source model, and late reverberation added to create the final impulse responses, as described above. Responses were applied to all surfaces, rather than just the proscenium splay, to attain maximum perceptual effect. Practical limitations prevented a similar treatment in the measured hall. This resulted in two impulse responses with equal energy but different amounts of diffusion and a third which simulated an actual diffuser in terms of spectral and temporal, but not spatial performance.
C. Listening setup
Listening tests were individually conducted in two different research laboratories. The first was at the Aalto University campus in Espoo, Finland, in the Media Technology Department, and the second was in the Architectural Acoustics Department of Hanyang University in Seoul, South Korea. In the Aalto University Experiments, subjects were presented binaural auralizations over Sennheiser HD650 circum-aural headphones, fed by a Presonus FP10 digital audio interface receiving signals from a MATLAB graphical user interface running on a personal computer. In the Hanyang University experiments, all components were the same except that Sennheiser HD600 headphones were used in conjunction with an Onyx400F digital sound interface. Auralizations were generated by convolving the measured or simulated impulse responses from the theater or simulated hall with speech samples from the Coordinate Response Measure speech corpus provided by Bolia et al. (2000) . These samples are approximately 3 s long and follow the format: "Ready call sign go to color, number now." Subjects were seated in a quiet room or listening booth and the test was administered in two parts with a break in between. Listeners took from 10 to 20 min to complete each section of the listening test.
IV. RESULTS AND DISCUSSION
Listeners were presented with two simultaneous talkers on stage, one male and one female, and asked to indicate which was on the left. Speech samples were randomly selected from one male and one female from the speech corpus, such that the male and female were speaking different sentences and the sentences changed on each trial. The position of the male and female talkers was randomly switched for each trial, and subjects were only allowed to listen to the signal once before making a decision. The spatial separation of the sources was initially set to the maximum value, 26 for the measured theater and 34 for the simulated concert hall. The separation was then reduced in an adaptive twodown, one-up procedure (Levitt, 1971 ) until eight reversals were recorded or the minimum separation difference angle was reached on four consecutive trials. This procedure yielded the 70.7% threshold angle for correctly determining which talker is on the left.
In total, 22 subjects participated in the experiments. Twelve subjects participated in the listening experiments at Aalto University, all were associated with the Department of Media Technology. Ten subjects were male and two were female, all between 22 and 40 years old. In addition, ten participants from the Architectural Acoustics program at Hanyang University participated in separately administered tests. These subjects were between 21 and 28 years old, eight male and two female, all were students of architectural acoustics. No subjects participated at both testing locations, and all subjects reported having normal hearing. Figure 6 illustrates the results from the two universities. For all test conditions, it was found that the results for Aalto University exhibited a lower average threshold than those from Hanyang University. The global mean for Aalto subjects was 7.8 while for Hanyang subjects it was 12.1 . A t-test confirmed this difference to be significant at p < 0.01. The difference between the two universities' can only be attributed to differences in the subject pools, as all other aspects of the test administrations were confirmed to be equal. For the majority of subjects at both universities, the language of the test, English, was not the native language of the listeners. However, all subjects were proficient English speakers. Other sociocultural differences between the groups are presumed not to have an effect on auditory localization or spatial acuity. There may have been differences in the groups' listening experience, though nearly all were researchers in acoustics and had prior experience with various listening tests. The differences between the groups were more pronounced in the simulation, where the difference between means was 5.5
A. Differences between test administrations
. The means were 13.5 and 8.0 for Hanyang and Aalto, respectively. In the theater, this difference was only 2.9
, with means of 10.6 and 7.7 . Analysis of the Hanyang tests in the theater and simulated hall revealed that the difference between the means of the two tests is 2.9 and that this is a significant difference (p ¼ 0.03). This indicates that discrimination was slightly better in the theater for the Hanyang group. The same analysis between the two Aalto tests did not indicate any difference in the means. Results in the simulated hall are similar to those in the theater, despite a difference in reverberation of %2 s rather than %1 s, respectively.
B. Differences between surface material conditions
Several trends are apparent in the results for different surface material conditions. In the theater, Hanyang subjects could distinguish the left and right talker more accurately in the Absorptive case than in the Diffusive or Flat cases and Aalto subjects also had a lower mean threshold for the Absorptive case than the Diffusive case. This is to be expected, as the reflections and overall interfering reverberation are reduced due to the added absorption in the room. Additionally, the Diffusive condition exhibits a higher mean threshold separation angle than the Flat or Absorptive cases for both groups. In the simulated hall, the means of the Diffusive cases are also higher than that of the Specular case. This indicates that reflections from diffuse surfaces are more detrimental to a listener's spatial discrimination ability than those from flat surfaces.
Since the variable under consideration here is the relative effect of each condition, and not the variation between subjects, the results in Secs. IV B 2 and IV B 1 will be presented in normalized form. In the normalization, the result for each subject is divided by his or her mean to attain the relative separation angle at which he or she could distinguish the positions of the sources. This eliminates variance in the absolute values for each subject, so that the variation between conditions can be examined in isolation. Figure 7 illustrates the relative separation angles at which listeners could discriminate whether the male or female of a pair of talkers is on the left in the simulated concert hall. Using a one-way analysis of variance followed by post hoc analysis using Tukey's Honestly Significant Difference criterion (a ¼ 0:05), it is found that the Hanyang University results show significant differences between the simulated diffuse condition and the other two [F(2,27) 
Simulated hall
The results from Aalto University show that both diffuse conditions are significantly higher than the specular case [F(2,33) ¼ 4.77, p ¼ 0.015]. These results demonstrate that spatial discrimination is more sensitive in the Specular case than in the Simulated Diffuse case for both groups and also more sensitive than in the measured diffusive case for the Aalto group. This is surprising, given that the amount of reverberant energy is the same in all three cases. This may indicate that the amount of reverberant energy is not as important as the reflections' other properties, such as directional pattern and localization cues.
The accuracy of the Specular case as compared to the Simulated Diffusive case may be due to the additional timing and localization cue that a reflection from a flat surface offers. An analysis was conducted to evaluate this possibility as per the following. In the manner of Lindemann (1986) , interaural time differences (ITDs) were calculated by taking the location of the maximum of the interaural cross correlation function (IACF). The IACF is defined as
where p is the pressure signal at the left (l) and right (r) ear and s is set at 1 ms corresponding to the maximum transit FIG. 7. For two talkers on stage, in a simulated concert hall, the separation angle at which subjects at Hanyang and Aalto Universities could distinguish which was on the left and which was on the right.
time from one side of the head to the other Beranek (2004) . A time window, t, of 2 ms was continuously passed over the broadband impulse response to obtain the ITD at each sample point. This was conducted for each source receiver pair. The results are shown in Fig. 8 . In all cases, the direct sound has clear ITDs which gradually increase as the source moves to the side of the stage, as expected. However, the localization cues in the reflections vary considerably between cases. The specular reflections offer a consistent lateral localization cue that is spatially quite distinct from the direct sound and varies in time with source position. However, the diffuse reflections are much less strongly lateralized and spatially indistinct from the direct sound. The secondary localization and timing cue offered by the specular reflection may contribute to the more accurate results in the specular case. Figure 9 illustrates the relative threshold separation angles at which listeners could discriminate whether the male or female talker is on the left. Again, these results are analyzed using a one-way analysis of variance, which revealed significant differences between the means in both the Hanyang University [F(2,27) ¼ 3.66, p ¼ 0.04], and Aalto University [F(2/33) ¼ 8.5, p ¼ 0.0011] results. Post hoc analysis of the three conditions using Tukey's least significant difference criterion (a ¼ 0:05), showed the Diffusive case to be significantly different from the Absorptive and Flat surface cases for both data sets. Spatial discrimination is the most sensitive in the Absorptive and Flat cases which are not statistically different. The Absorptive case is presumably accurate because there is less reflected energy; the direct to reverberant ratio is 0.8 dB more and the T 30 is 5% shorter on average across positions. However, it is surprising that discrimination is as accurate in the Flat case as it is in the Absorptive case, again suggesting that the quality of the reflected energy may have as strong an influence as the quantity when performing this listening task.
Measured theater
As discussed in regards to the simulated hall, the accuracy of the Flat case as compared to the Diffusive case may also be due to the additional localization cue that reflections from flat surfaces offer. An analysis was conducted to evaluate this possibility, and the results are shown in Fig. 10 . For source positions 6-10, the direct sound and first reflection were isolated from the impulse response using a noise gate that eliminated energy before and after the reflections based on their times of arrivals. (See Fig. 1 for source positions.) A sliding window was then used to calculate the interaural time differences in the gated impulse responses. Interaural time differences were predicted using an image source model and a simple head model in the form Dt ¼ ½dðh þ sin hÞ=ð2cÞ, where d is the head diameter, h is the incident angle, and c is the speed of sound. The ITDs for the direct sound in both cases are consistent and match predicted values. However, differences in the reflections are evident between the two cases.
As the source moves further to the left, the reflection path to the left proscenium splay becomes shorter resulting FIG. 8. Running ITDs for the gated direct sound and first reflections for the specular and diffusive cases in the simulated hall.
FIG. 9.
For two talkers on stage, the separation angle at which subjects could distinguish which talker is on the left and which is on the right in a measured theater with tests administered to two independent test groups. in a shorter delay between the direct sound and the first reflection. This results in a pattern between the direct sound and first reflection that varies with source position. If the cognitive system is able to associate the spatial pattern of discrete reflections to a sound source, this could provide an additional segregation and localization cue. In the Flat case, the interaural time differences in the reflection are consistent, accurate, and associated with a higher amplitude reflection, thereby providing a secondary localization cue for the source position. However, in the Diffusive case, the temporally spread reflection is not only attenuated due to redirection of some of the energy, but the interaural time differences are also less lateralized and less consistent, making the pattern between the direct sound and reflection less distinct.
C. Objective parameters
Examination of the acoustic parameters reverberation time (T 30 ), Early Decay Time (EDT), clarity (C 50 ), and Interaural Cross-correlation Coefficient (IACC) provides little insight into the reason for the difference in discrimination thresholds. Values calculated from the left ear signal of the binaural measurements are presented here for reference. Some differences are apparent in the parameters for the different listening conditions shown in Tables I and II, but limen of 5% or 0.035 s, this should be a perceivable difference. This is the region of the discrimination threshold, and increased EDT could indicate more perceived reverberance (Lee et al., 2012) , but EDT has not been conclusively linked to localization or discrimination. This is the only parameter in which the Diffusive case differs from the Flat and Absorptive cases by at least one Just noticeable difference (JND). Also, the Absorptive case has reduced T 30 , and the diffusive is often longer than that of the flat case, but rarely more than one JND. For C 50 , assuming a JND of 1.1 dB (Bradley et al., 1999) , there are a few odd cases where the difference between two conditions exceeds one JND, but these cases do not define a conclusive trend. For instance, at position 9 in the theater, the Diffusive case has 1.21 dB higher clarity than the flat case. This difference is only at one source position and this position corresponds to 18 of separation, well above the measured thresholds. Similar anomalies can be found in the simulated hall, but yield little insight into the threshold results. With no conclusive patterns in the traditional objective room acoustic parameters, psycho-acoustic measures such as the ITD analysis presented in previous sections seem to be a more promising avenue for understanding spatial discrimination phenomena in rooms.
V. CONCLUDING REMARKS
A series of experiments have been conducted to evaluate the quantitative effect of various reflecting surfaces on spatial acuity. Measurements from a small theater and simulations of a concert hall, both with sources closely spaced on stage, allowed discrimination tests for various source separations. This evaluation attempted to gauge a subjective experience, in this case the blend and separation of sources on stage, using an objective task: Discriminating the relative lateral position of two simultaneous sources on stage.
Surfaces treated to be absorptive, diffusive, or flat, exhibited different discrimination thresholds for closely spaced speech sources. Specifically, flat, specular, and absorptive surfaces allowed for more accurate discrimination between sources than diffusive surfaces in some cases. This effect is apparent in results of a left-right discrimination test. To summarize the results, the mean threshold separation angles for all subjects in the Absorptive, Diffusive, and Flat conditions in the theater were 9.2 , 12 , and 9.8 , respectively. For the simulated hall, they were 10.2 , 12.1 , 8.7 , for the Measured Diffuse, Simulated Diffuse, and Specular conditions respectively.
A possible explanation for this result is two-fold. In the Absorptive case, there is simply less reflected energy, which is known to degrade localization to a certain degree. In the Flat or Specular case, it seems that these reflections preserve strong and consistent timing and localization cues that are lost in the Diffuse cases. Thereby, reflections from flat surfaces offer additional localization and timing cues that allow more accurate discrimination between sources. Further research is necessary to fully understand how the auditory system utilizes localization and timing cues from reflections. Traditional room acoustic parameters did not provide an adequate predictor of the spatial discrimination effect.
Additional research is required to assess the precedence effect and localization dominance with diffuse rather than specular reflections.
While the selection and placement of surface materials for performance venues is more complex than a simple decision between the three options utilized here, these findings yield further insight into the implications of certain material decisions. In particular, if discrimination or blend of individual sources is important, application of diffusive surfaces offers some control of this effect. Additional research is necessary to determine the characteristics of the sound field which will accurately predict spatial acuity in a hall.
